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@ Sound image positioning apparatus. 

(g) A system for use with headphones provides 
sound imaging positioning that can accurately 
locate the sound image at any one of a number 
of points surrounding the listener and can 
smoothly fade the sound position from one 
point to the next as the apparent sound source 
moves relative to the listener during panning. 
Individual sound positioners (38, 80, 86) are 
provided that include only scalars or delay lines 
are provided for each channel, so that the same 
sound location filters can be utilized with a 
number of voices or Input channels. 
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This invention relates generally to a sound image 
processing apparatus for positioning audio signals 
being reproduced over headptnones or the like and* 
more particularly, to apparatus which permits pan- 
ning the apparent sound location so that it appears to 
move relative to the listener with smooth transitions 
during the panning operation. 

Although a number of schemes have been pro- 
posed for providing sound image positioning during 
playback over two or more loudspeakers, only recent- 
ly has such sound image positioning been proposed 
for headphone use. Different sound processing tech- 
nk^ues are required for the headphone reproduction 
in view of the human hearing mechanism. 

One approach for providing accurate sound im- 
age placement during reproduction over headphones 
is disclosed in U.S. Patent Application Serial No. 
08/069,870 filed June 1 , 1 993 and assigned to the as- 
signee of this application. The disclosure in the 
above-identified application is incorporated herein by 
reference. In the system of that application, front and 
back sound location filters are provided, and it is pos- 
sible to pan from left to right through 180*' using the 
front filter and then from right to left through 180"* us- 
ing the rear filter. A number of scalers are provided at 
the filter Inputs and/or outputs to adjust range and lo- 
cation of the apparent sound source. Thus, a large 
number of circuit components and filtering power is 
required to provide a realistic sound image placement 
and to provide movement of the sound image location 
using the front and back filters, a pair of which are re- 
quired for the left and right ears. In addition, in the pre- 
vk>usly proposed system, there is a certain granular- 
ity in the sound as the sound position is stepped 
around the various azimuth locations relative to the 
listener. Such sound position Increments can some- 
times be heard and are annoying. Thus, previous sys- 
tems do not permit a smooth fading between the va- 
rious sound origin positions. 

Therefore, a sound positioning system for use 
with headphones that can provide a smooth transition 
between locations as the apparent sound location is 
panned relative to the listener is quite desirable. In ad- 
dition, a system with a reduced number of compo- 
nents but can still provide capability for panning a 
number of channels or voices is highly desirable. 

Accordingly, it is an object of the present inven- 
tion to provide an apparatus for processing audio sig- 
nals for playback over headphones or the like in which 
the apparent sound location can be smoothly panned 
over a number of locations relative to the listener and 
that does not require a large number of circuit compo- 
nents to accomplish this result. 

This object is achieved by the invention claimed 
in Claim 1. 

An embodiment of the invention wilt now be de- 
scribed, by way of example, with reference to the ac- 
companying drawings in which like reference numer- 
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als represent the same or similar elements and in 
which: 

Fig. 1 is a diagrammatic representation of a lis- 
tener relative to a sound source showing various 
5 positions for that sound source; 

Fig. 2 is a schematic in block diagram form of a 
headphone sound Image processing apparatus 
according to the embodiment of the present in- 
vention; 

10 Fig. 3 is a schematic diagram of a positioner util- 

ized in the embodiment of Fig. 2; and 
Fig. 4 is a representation of a stereo delay line 
used in the embodiment of Fig. 2. 
The present embodiment relates to a panning 

15 technique In which an apparent sound location is 
made to move relative to a person listening to the 
sound signals being reproduced over headphones, 
and in particular provides a system that permits the 
apparent sound source location to occupy generally 

20 any point on a cirde surrounding the listener and to 
be panned successively through such points. Fig. 1 
represents the listener generally at 1 0 and the listener 
is assumed to be listening to reproduced signals over 
headphones and assuming a standard stereo pro- 

25 gram, the listener 10 would perceive the typical sound 
source to be located at 12, that is. directly in front of 
him. In the present embodiment, the circle showing 
the locus of possible sound source locations is arbi- 
trarily divided into 120 positions, with the origin or 

30 zero position at the left side and proceeding clock- 
wise around the listener 10 so that the position 30 is 
directly in front, position 90 is directly behind and pos- 
ition 0 or 1 19 and 60 are at the respective sides of the 
listener 10. The circle surrounding the listener can be 

35 divided into quadrants corresponding to front 1 4, rear 
16, left side 18, and right side 20. These quadrants 
have a relation to the filters that will be used in posi- 
tioning the sound source generally. 

In the present embodiment, the apparent location 

40 of the sound source 12 can be made to move relative 
to the headphone listener 10 and a feature of the 
present embodiment is to provide a smooth transition 
or fade between the respective quadrants, and such 
a transition zone is shown cross-hatched at 22 as rep- 

45 resenting a transition between the front quadrant 14 
and the right-side quadrant 18. It should be under- 
stood, of course, that the circle surrounding the listen- 
er can be divided into any number of increments dif- 
ferent than 120 and that more sections exceeding the 

50 four quadrants could also be provided in keeping with 
the present invention. Furthermore, the radial dis- 
tance extending from the listener 10 corresponds to 
so-called range, that is, the distance of the apparent 
sound location from the listener 10. 

55 Fig. 2 represents an embodiment that provides 

the apparent sound source locatksn at any one of the 
120 azimuth positions of Fig. 1, each having many 
possible range positions. 
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In the system described in the above-identified 
patent application, which is incorporated herein by 
reference, front and backfillers are provided each of 
which can provide a sound placement over 180°. On 
the other hand, the present embodiment provides fil- 
ters for front and back and two sides, thereby provid- 
ing greater positional accuracy in the placement of the 
sound origin. For example, an azimuth placement fil- 
ter 32 might provide the front quadrant sound source 
location and a second azimuth placement filter 34 
night provide the rear sound source location. Al- 
though two side quadrants are shown in Fig. 1 , these 
quadrants can be accommodated by only a single azi- 
muth placementf liter 36. Because the human hearing 
process can be deemed to be similar with respect to 
the left ear and right ear. in a low-cost embodiment of 
the invention only a signal side placement filter is re- 
quired for one side and the alternate side can be ob- 
tained by inversion. 

In the system described in the above-identified 
patent application, there are a number of scalers and 
the like that are incorporated into the system and that 
are arranged following the various placement filters, 
for example. On the other hand, the present embodi- 
ment provides a universal filter system that can ac- 
commodate a numberof positioners corresponding to 
each channel or voice. For example, a first positioner 
38 provides signals to the azimuth placement filters 
32. 34, and 36 on six lines shown generally at 40. 
These six lines represent the left and right signals for 
the front, back, and side placements. Details of the 
positioner 38 and the manner in which the output sig- 
nals are derived from a single input signal will be ex- 
plained in relative to Fig. 3. Nevertheless, it should be 
noted that the six lines 40 represent so-called un- 
ranged signals, that is, signals that relate solely to the 
actual sound location regardless of the distance of 
the apparent sound source from the listener. On the 
other hand, positioner 38 also produces so-called 
ranged signals, as will be explained relative to Fig. 3, 
on six additional signal lines shown generally at 42. 
These six lines correspond to the left and right signals 
for the front, back, and side placements and are fed 
to units that correspond to early reflection filters. 

As explained in the above-identified pending pa- 
tent application typical sound waves produced by any 
type of sound source in a roon that reach the ear's of 
a listener consist of three portions, a direct wave por- 
tion which would correspond to the above unranged 
signals, an early reflection portion that is made up of 
number of signals that bounce off the walls, ceiling, 
and floor before reaching the ears of a listener, and a 
third portion which is a so-called reverberation which 
is the multiple reflections of the sound as they bounce 
around inside the room before the sound ultimately 
decays. Therefore, the so-called early reflection fil- 
ters provide the majority of information concerning 
the distance of the sound source from the listener. 
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A front early reflection filter is provided at 44, a 
back early reflection filter is provided at 46, and a side 
early reflection filter is provided at 48. Thus, the front 
early reflection filter 44 receives front left and right 

5 signals from positioner 38, back early reflection filter 
46 receives back left and right signals from positioner 
38 and side early reflection filter 48 receives side left 
and right signals from positioner 38. It will be recalled 
that it is not necessary to provide left and right side 

10 signal processing, since inversion of the signal will ac- 
complish the left to right swap. These early reflection 
filters 44, 46, 48 may be implemented by providing 
two delay lines each one having its own input signal, 
thus, forming a so-called stereo filter. The operation 

15 Of such stereo filter is shown In Fig. 4 and will be ex- 
plained herein-below. 

As noted above the sound from a sound source 
reaching a listener in a room can be thought of as be- 
ing formed of three portions. The third portion is a re- 

20 verberation portion that is eventually damped out as 
the sound dies away. That portion has some ranging 
Information contained in it so that the left and right 
output lines shown generally at 42 are respectively 
summed in summers 50 and 52 to form left and right 

25 summed ranged signals. Specifically, the line 54 con- 
sists of the left ranged signals and line 56 consists of 
the right ranged signals and these signals are fed to 
a pseudo-random sequence generator 58 that gener- 
ates a pseudo sequence that corresponds to the mul- 

30 tiple early reflections as they are reflected from the 
various surfaces of the room. Similarly, these signals 
on lines 54 and 56 are fed to a reverberation unit 62 
that performs the standard type of reverberation 
processing corresponding to the diminished sound 

35 Impulses reaching the listener from the walls of the 
room after a period of time. 

The respective left outputs from the front filter 
44, back filter 46, side filter 48, pseudorandom binary 
sequence generator 58, and reverberation generator 

40 62 are summed in signal summer 64 and the respec- 
tive right outputs are summed In signal summer 66. 
The summed output signals from summer 64 are fed 
to signal summer 68 that receives at its other input an 
unranged side signal from positioner 38 on line 70. 

45 The output of signal summer 68 is then fed to the side 
azimuth placement filter 36. Similarly, the summed 
right output signal is fed to signal summer 74 whose 
other output is the right side unranged signal on line 
72 from positioner 38. The output of signal summer 74 

50 is then fed as the right side Information to azimuth 
placement filter 36. 

Therefore, it is seen that from this universal filter 
arrangement that the three portions of a sound signal 
known to be present are and produced by a positioner 

55 38 are properly filtered. The actual left and right out- 
put signals are then summed respectively to produce 
the output signals fed to the headphone. More specif- 
ically, the left signals from the placement filters 32, 
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34, and 36 are summed in a signal summer 76 and the 
right signals are respectively summed In summer 78. 
thereby producing left and right output signals fed to 
the respective sides of the headphones. 

As described above, the present embodiment is 
intended to provide a somewhat universal filter ar- 
rangement that can have a number of channels or 
voices fed in for sound location processing. The chan- 
nels or voices might correspond to a number of voices 
produced by an audio synthesizer, for example. Thus, 
a second positioner 80 is provided whose six output 
signals 82 correspond to signals 40 from the first 
positioner 38 are to be connected to the azimuth 
placement filters 32. 34. and 36. The actual connec- 
tions are not shown In order to simplify the drawing. 
Similarly, six ranged output signals are provided by 
positioner 80 at 84 and correspond to the eight ranged 
signals shown at 42 and are to be connected to the 
filters 44 through 48 and pseudo random binary se- 
quence generator 58 and reverberation unit 62. The 
actual connections are not shown in order to simplify 
the drawings. Thus, the present embodiment can ac- 
commodate any number of positioners as represent- 
ed by positioner 86 again having the two sets of out- 
put signals shown generally at 88 and 92. 

Fig. 3 shows one of the positioners 38, 80. or 86 
in more detail. Specifically, a signal is input at 1 00 and 
Is divided to form the unranged signals, such as 40 in 
Fig. 2, and the ranged signals, such as 42 In Fig. 2. 
As will be noted from Fig. 2, the so-called positioner 
produces six stereo output streams. A front, back, and 
side left and right representing unranged signals and 
a front, back, and side left and right representing 
ranged signals. In the embodiment of Fig. 3, the input 
signal at 100 is fed through a scaler 102 to a delay line 
104 that separates the input signal into left and right 
channels. This Is accomplished by selecting different 
taps in the delay line to produce the left and right sig- 
nals. The left signal tap on line 1 06 is then fed to front, 
back, and side scalars and similarly the right signal 
on line 108 is also fed to the three respective scalars. 
Specifically, a left front scaler 110, a left back scaler 
112. and a left side scaler 114 receive the left signal 
on line 106 and feed the appropriately scaled signals 
to variable scalers 116, 118 and 120. The outputs 
from the variable scalers are represented by the three 
lines shown generally at 122. similarly, the right un- 
ranged signal on line 108 Is fed to scalers 124, 126 
and 128 whose outputs are fed to respective adjust- 
able scalers 130, 132. and 134. Thus, the three right 
unranged signals are provided on three lines shown 
generally at 136. It will be noted that the signals on 
lines 122 and 136 represent the three pairs of un- 
ranged stereo signals, shown generally at 40 in Fig. 
2. 

Panning or movement of the sound image rela- 
tive to the unranged signals can be accomplished by 
adjusting the variable scalers 116. 118. 120. 130, 132. 
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and 134 together with the left-right differential provid- 
ed by the delay buffer taps to control the amount of 
input signal fed to the respective azimuth placement 
filters 32, 34. and 36. Thus, each channel or voice is 

5 panned independently of any other Input channel. 

The ranged signal, so denoted because of its 
passage to the early reflection filters. Is passed 
through a signal scalar 138 and then fed to a front left 
scalar 140, a front right scalar 142. a back left scalar 

10 144, a back right scalar 146, a side left scalar 148, and 
a side right scalar 150. The output of these six scalars 
are fed respectively to variable scalars 152. 154, 156, 
1 58, 1 60, and 1 62. As in the unranged signal, panning 
or movement relath^e to front, back, and side is ac- 
ts complished by adjusting the variable scalars 152 
through 162. Thus, the outputs from these variable 
ranged scalars on lines 164. 166. and 168 correspond 
to the ranged outputs shown generally at 42 from 
positioner 38 in Fig. 2. 

20 Fig. 4 is a functional representation of an early re- 

flectton filter, such as shown at 44, 46, 48, of Fig. 2, 
and may be optimally structured by a delay line op- 
erating as a filter. Thus, in Fig. 4 left and right filters 
are shown that may be, in fact, a sixteen tap delay line 

25 In which the positive going spikes are in phase and 
the negative going spikes are out of phase. These in- 
phase, out-of-phase spikes occur in nature. Thus, the 
filter outputs are selected from the sixteen taps on the 
delay line based upon whether a positive or negative 

30 going spike is appropriate. 

Therefore, It is seen from Fig. 2 that panning can 
be provided by specially constructed positioners that 
do not include any complicated filter arrangements 
but consist simply of scalars and delay lines, which 

35 are relatively inexpensive structures, all of which may 
be fed to a universal filter arrangement to provide the 
appropriate panning by controlling the scalars in the 
positioners, with an individual positioner being provid- 
ed for each channel or voice of the system. 

40 The above description is based on a preferred 

embodiment of the present inventk>n, however, it will 
be apparent that modifications and variatk>ns thereof 
could be effected by one with skill in the art without 
departing from the spirit or scope of the Invention, 

45 which is to be determined by the following claims. 



Claims 

so 1, Apparatus for positioning an apparent location of 
a sound source relative to a listener using trans- 
ducers arranged proximate the ears of the listen- 
er, comprising: 

positioner means producing from an input 

55 signal a plurality of ranged output signals and un- 

ranged output signals, said positioner means in- 
cluding variable signal scalars whose values are 
adjustable in response to a corresponding plural- 
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ity of panning signals fed thereto for producing 
said plurality of output signals; 

first filter means for receiving said un- 
ranged output signals from said positioner means 
and producing left and right output signals having 
an apparent sound source location outside the 
head of the listener selected in response to said 
panning signals; 

second filter means for receiving said 
ranged output signals from said positioner means 
and producing left and right output signals having 
said apparent sound source location outside the 
head of the listener selected in response to said 
panning signals; and 

means for combining respective left and 
right output signals from said first and second fil- 
ter means and respectively producing left and 
right signals fed to respective left and right trans- 
ducers. 

The apparatus according to claim 1 , wherein said 
positioner means comprises a plurality of posi- 
tioners, each receiving a respective, different in- 
put signal and each producing a respective plur- 
ality of ranged output signals and unranged out- 
put signals, said plurality of unranged output sig- 
nals being fed to said first sound positioning filter 
means and said plurality of ranged output signals 
being fed to said second sound positioning filter 



3. The apparatus according to claim 1 , wherein said 
first filter means comprises a front azimuth filter, 
a back azimuth filter, and a side azimuth filter for 
respectively locating an apparent sound source 
relative to a front location of the listener and said 
positioner means includes left front, back, and 
side variable scalars and right, front, back, and 
side variable scalars producing said unranged 
output signals fed respectively to said front azi- 
muth filter, said back azimuth filter, and said side 
azimuth filter. 
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The apparatus of claim 5, wherein said second 
filter means comprises front, back, and side early 
reflection filters receiving respectively said 
ranged output signals from said left front, back, 
and side variable scalars and said right front, 
back, and side variable scalars. 

The apparatus of claim 1, wherein said ranged 
output signals from said positk>ner means add 
perceived distance ranging to the apparent sound 
source location outside the head of the listener. 



8. Apparatus for causing an apparent location of a 
sound source to be selectively reposlttoned rela- 
ys tive to a user of transducers arranged proximate 
the ears of the user and which reproduce signals 
corresponding to sounds from the sound source, 
comprising: 

front, back and side sound placement azi- 
20 muth filters each for producing respective left 

and right output signals fed to respective ones of 
the transducers and providing a selected appa- 
rent sound source position outside the head of 
the listener in response to signal levels of left and 
25 right signals fed respectively thereto; 

front, back and side early reflection sound 
placement filters each for producing respective 
left and right output signals fed to respective ones 
of the transducers and providing a selected appa- 
30 rent sound source position outside the head of 

the listener in response to signal levels of left and 
right signals fed respectively thereto; and 

sound positioner means receiving input 
signals corresponding to sounds from the sound 
35 source fed to a plurality of variable scalars also 

receiving respective adjusting signals for adjust- 
ing levels of signals output from said variable sca- 
lars, the signals output from said variable scalars 
being fed respectively to said front back and side 
40 sound placement azimuth filters and to said front, 

back and side early reflection filters. 



* 4. The apparatus of claim 3, wherein said positioner 

means further comprises a delay line receiving 45 
said input signal and producing at a first tap a left 
output signal fed to said left front, back and side 
variable scalars and at a second tap a right output 
signal fed to said right front, back, and side vari- 
able scalars. so 

5. The apparatus of claim 4, wherein said positioner 
means further comprises second left front, back, 
and side variable scalars and second right front 
back, and side variable scalars each receiving 55 
said input signal and producing respective 
ranged output signals fed to said second sound 
positioning filter means. 
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FIG. 4 
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